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(57) ABSTRACT 

A VoIP-UMS accessed via a private branch exchange or an 
IP-phone using a Session Initiation Protocol (SIP). More 
particularly, the method has access the VoIP-UMS in Which 
an initial call setup message is sent Which includes call infor 
mation upon accessing the VoIP-UMS for the purpose of 
using functions, such as voice mail or the like. When a user 
accesses a voice service system over a network directly from 
a terminal, the user accesses via an SIP server, or the user 
accesses via a switching system, the VoIP-UMS can discrimi 
nate connected calls easily, and determinate and respond to 
the calls rapidly because an INVITE message, Which is a 
Session Initiation Protocol message attempting to access the 
VoIP-UMS, includes an INFO message that is a message on 
call information. 

25 Claims, 6 Drawing Sheets 
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VOICE SERVICE SYSTEM AND METHOD OF 
ACCESSING THE SAME 

CLAIM OF PRIORITY 

This application makes reference to, incorporates the same 
herein, and claims all bene?ts accruing under 35 U.S.C. §1 19 
from an application for THE METHOD FOR VoIP-UMS 
SYSTEM ACCESS earlier ?led in the Korean Intellectual 
Property O?ice on 20 Jan. 2004 and there duly assigned Serial 
No. 2004-4380. 

BACKGROUND OF THE INVENTION 

1. Field of the Invention 
The present invention relates to a voice over Internet pro 

tocol-Uni?ed Messaging System (VoIP-UMS) accessed via a 
private branch exchange or an IP-phone using a Session Ini 
tiation Protocol (SIP) and, more particularly, to a VoIP-UMS 
and method of accessing the same in Which an initial call 
setup message is sent Which includes an INFO message rep 
resenting call information When the VoIP-UMS is accessed 
for the purpose of using functions, such as voice mail or the 
like. 

2. Description of the Related Art 
A Voice over Internet Protocol (VoIP) refers to Internet 

Protocol (IP) telephone technology for a series of equipment 
that delivers voice informationusing IP. Generally, the VoIP is 
not a traditional protocol based on a circuit like PSTN, Public 
SWitched Telephone Network. The VoIP sends the voice 
information Within discontinuous packets in a digital form. 
A primary advantage of the VoIP and Internet telephony 

technology is that telephone users can get long-distance and 
international telephone services under Internet and Intranet 
environments only With local phone charges because an inte 
grated telephone service is implemented by utiliZing an exist 
ing IP netWork as it is. 

For a voice call through the VoIP, using a public netWork 
cannot guarantee the same quality of service (QoS) as that in 
a circuit netWork, and thus, a private netWork, managed by a 
personal company or an Internet telephone service provider, 
may be used for a high quality of service. 

The Internet telephone service provider is operating a 
server that manages an IP address corresponding to a called 
party’ s telephone number, and alloWing a user to make a voice 
call over the Internet Without separately managing the IP 
address corresponding to the called party’s telephone num 
ber. 

The VoIP may alloW a customer to directly talk With a staff 
or a consultant so long as the customer presses a button on the 

Internet While navigating the Internet Without using a separate 
telephone. A call center to Which the VoIP has been applied is 
con?gured into tWo types of systems. The one is of a private 
automatic branch exchange (PABX) standalone type having a 
separate VoIP gateWay and the other is of a private automatic 
branch exchange (PABX) integrated type in Which a PABX 
has a VoIP gateWay included therein. 

To use the VoIP, a company must have a gateWay With a 
VoIP equipment disposed therein. The gateWay receives a 
delivered voice, Which has been segmented into packets, from 
users in the company, and forWards the packets to other parts 
on the Intranet or to the PSTN using a T-l (A dedicated digital 
connection supporting data rates of 1.544 Mbits per second, 
24 channels at 64 Kbps, also called DS 1) or E1 (European 
format for digital transmission, carrying signals at 2 Mbps, 32 
channels at 64 Kbps, With 2 channels reserved for signaling 
and controlling) interface. 
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2 
The VoIP uses a real-time transport protocol (RTP) in order 

to support that packets arrive at on time, in addition to its 
original IP function. Using the public netWork can hardly 
guarantee quality of service (QoS). Using any private net 
Work managed by the personal company or the Internet tele 
phone service provider (ITSP) may provide a more excellent 
service. 
A Uni?ed Messaging System (UMS) refers to a system that 

stores and manages various types of all messages, such as 
voice, Fax (facsimile), E-mail (electronic-mail), and the like, 
in one logical post-box. The messages are accessible to PCs 
(personal computers) as Well as a variety of communication 
media, such as telephones, Faxes, mobile phones, or the like. 
A user su?ices to have only one kind of interface regardless of 
the types of the message because different types of messages 
such as voice mails, Faxes, E-mails or the like are alloWed to 
be retrieved, formulated and exchanged in one mail box by 
unifying Wired and Wireless telephones and data communi 
cation netWorks. 
The UMS is more advanced technology based on existing 

E-mail/V MS technology. It has been extensively applied to 
several ?elds such as call centers, companies, ISP businesses, 
special category communications, mobile communications, 
or the like by enabling rapid, exact and smooth communica 
tions to be performed betWeen an individual and a company 
and betWeen a company and a company. 
The voice communication technology and the data com 

munication technology have been developed based on differ 
ent technologies. HoWever, With the advent of VoIP technol 
ogy Which digitaliZes data to be handled as text information, 
discrimination betWeen the voice communication and the 
data communication becomes ambiguous. 
The trend of unifying both voice and data leads to UMS 

that is a solution that provides effective management on 
numerous messages regardless of the types of the messages, 
and provides the bi-directional use. 
The development and rapid distribution of the Internet 

technology are shifting a communication service basis to the 
Internet. As markets such as companies, communication 
businesses or the like are changed rapidly, users highly desire 
to handle several types of incoming information in an inte 
grated manner. A system satisfying this desire is UMS called 
next generation CTI technology. 
A Session Initiation Protocol (SIP) is a standard for VoIP 

connection setup. The SIP is an application layer control 
protocol that sets, modi?es and terminates a session in a 
client-server manner and is based on a very simple text. 
The SIP is not ?xed to any protocol stack but is easy to 

extend and use because it is based on a text such as HTTP 
(hypertext transfer protocol). The SIP is composed of a user 
agent and a netWork server. The user agent is a termination 
system and is composed of a user agent client and a user agent 
server. 

The SIP operates in such a transaction processing method 
that a client sends a service request message to a server, and 
the server processes it and then sends a response message to 
the client, like HTTP. 

Users that communicate using the SIP Will use a Uniform 
Resource Identi?er (URI) of a “user@host-plus-domain” for 
mat, similar to an E-mail address, as an identi?er betWeen the 
respective users. 

Since the SIP is based on IP, it does not have to consider 
inter-operability as in H.323. The SIP is simpler than H.323, 
thereby implementing at a loW cost. In addition, an instruction 
or message format is easily decoded or debugged and 
extended because it is simple. Security, management exten 
sibility or the like is excellent due to a client-server structure. 
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The SIP provides tWo connection methods to a calledparty, 
i.e., via a proxy server and directly. A calling party Will 
request a call to a calledparty by sending an INVITE message 
using an addressing manner suitable for the SIP. 

Addresses used in the SIP can be largely classi?ed into 
three addresses. First, the combination of a netWork name and 
a host name used by a user With an Id (identi?cation) used for 
the user to login may be used as the SIP address. Second, an 
IP address itself may be used as the SIP address. Third, an 
E-mail address or a DNS (domain name system, server, or 
service) name used in an existing homepage may be used as 
the SIP address. Using an existing E-mail address is the most 
realiZed manner. 

Call setup is classi?ed into several methods according to 
situations. 

First, determination is made regarding Whether the call 
setup to a called party is attempted via a proxy server or 
directly. If a calling party knoWs a called party’s address and 
is alloWed to directly set up a call to the called party, the 
calling party Will set up a call directly. On the other hand, in 
the case Where the call setup is made via the proxy, the calling 
party Will set up a call after discovering the called party’s 
address With reference to a DNS lookup table. 
A second method is to discover a called party’s address 

using a request response protocol and to set up a call. A 
request message Will be delivered using a prede?ned, Well 
knoWn port number through TCP (transmission control pro 
tocol) or UDP (user datagram protocol). 

If a client user agent receives a message via the above 
de?ned, Well knoWn port While the user examines the net 
Work, the agent Will send a response message to participate in 
telephone or video conference. If a problem associated With 
the received message or the transmitted message occurs due 
to the user agent or the server, the agent sends a message 
indicating that an ICMP (Internet control message protocol) 
message is not alloWed to arrive, and noti?es that the problem 
occurs. 

All SIP messages are based on a text. Upon delivering the 
messages, several ones of the messages are sent by one TCP 
segment or UDP datagram using TCP or UDP. 
The SIP has been developed in consideration of scalability, 

extensibility, ?exibility, interoperability, and the like. 
Accordingly, the SIP has advantages that the SIP is more 
concise than competitive H.323, is easily integrated and inter 
Worked With an existing Intemet/Web environment, and is 
easy to enhance and extend. Using the SIP enables various 
types of neW multimedia communication services on the 
Internet, such as a VoIP service, to be developed With rela 
tively loW cost and less time. 

Particularly, the introduction of the SIP can easily solve 
insuf?cient interWorking betWeen VoIP business netWorks, 
incomplete interoperability betWeen VoIP equipment, or the 
like, Which are regarded as the greatest Weaknesses in H.323. 

Thus, a user is able to use a multimedia communications 

service throughout the World only With one SIP URI (uniform 
resource identi?er) allocated to the user, thereby providing 
the maximiZed convenience and Work e?iciency to the user. 

The advent of the SIP leads to many spreading effects in 
communication service markets using the Internet. Most of 
the existing VoIP systems have been implemented based on 
an H.323 protocol that is adopted as a standard by ITU-T 
(International Telecommunication Union-Telecommunica 
tion standardiZation sector). 

HoWever, since H.323 is a technical scheme that is origi 
nally developed to alloW for multipoint voice, video, and data 
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4 
communications on a packet-sWitching LAN netWork, it basi 
cally has limitations in supporting a broadband netWork and a 
great number of users. 

Internet telephone technologies have been highly spot 
lighted as marketable technology because VoIP related mar 
kets have become larger. At this time, SIP that is a signaling 
protocol for bi-point/multi-point communications on Internet 
becomes paid attention as technology substituting for an 
existing H.323. 
The SIP is simpler than H.323. In SIP, ifa callerparty sends 

to a called party an invite message including information on 
the caller party and session information for exchanging mul 
timedia data, then the called party noti?es Whether to accept 
it. SIP has a connection process simpler than that of H.323 
While SIP has a disadvantage in that it cannot recogniZe all 
capabilities of the terminal. SIP has a regulation on inter 
communication betWeen servers While H.323 has no regula 
tion. 

Currently, The SIP is being used or developed as a call 
signaling protocol for application services in several ?elds. 
As previously described, SIP is a text based protocol such as 
HTTP, and employs the same identi?er having an address 
system similar to an E-mail address system so that a voice call 
service as Well as an E-mail service, an instant message 
service, or the like is provided Without regard to When and 
Where. 

The SIP supports a capability-based service depending on 
use capability through a session parameter Within a body 
portion of an SIP message format When a session is estab 
lished, the SIP message format being composed of a head and 
a body. 
The SIP users can register their oWn portable phone num 

bers, of?ce numbers, home telephone numbers, E-mail 
addresses, or the like in a server. In addition, processing 
contents or the like for all calls can be stored in the server. 
Since the SIP is a text-based protocol, the type of message is 
a request/response format composed of a method and a 
response to the method. 

Meanwhile, to alloW the VoIP-UMS to be used With the 
SIP, message delivery may be performed through a Private 
Branch eXchange (PBX). 

Normally, a private branch exchange or a key phone system 
(hereinafter, referred to as ‘private branch exchange’) refers 
to an in-plant sWitching equipment disposed in plants such as 
government and public of?ces, companies, hospitals, or the 
like. 
The private branch exchange includes an extension sub 

scriber card (SLIC: Subscriber Line Interface Card) accom 
modating extension subscribers, to Which extension tele 
phones are connected, and a trunk card connected to a central 
o?ice line (COL) that is connected to a central of?ce 
exchange. At this time, a number of extension subscribers 
may make calls therebetWeen Without passing through an 
external central o?ice line, and may make an outgoing call to 
the external central of?ce line after dialing a trunk access 
code, such as ‘9’ and then an external telephone number. 

Generally, extension lines for extension subscribers, con 
nected to the private branch exchange, include extension lines 
accommodating typical analog telephones, key phone lines 
accommodating key phone telephones, ISDN Basic Rate 
Interface (ISDN BRI) lines accommodating Integrated Ser 
vices Digital NetWork (ISDN) telephones, lines accommo 
dating multi-function telephones (e.g., digital telephones), 
and the like. These lines are each connected to a back board of 
a matching device mounted on the private branch exchange in 
a board form. 



US 7,920,547 B2 
5 

Further, the central of?ce lines connected to the private 
branch exchange include an analog trunk, a digital trunk such 
as an El line, a T1 line or the like, an ISDN Primary Rate 
Interface (ISDN PRI) line, and the like. These lines are con 
nected to the back board of the matching device mounted on 
the private branch exchange. 

Using VoIP in the private branch exchange requires a gate 
way. This gateway serves to receive voice data, which is 
segmented into packets and then transmitted, from users and 
deliver the data to a destination over a network such as Inter 
net, Intranet or the like, or to directly connect a relevant call to 
PSTN using an analog trunk and a T1 or E1 interface. 

Normally, upon using the VoIP gateway connected to the 
private branch exchange, the private branch exchange sepa 
rates a central of?ce line connected to the VoIP gateway and 
offers a different access code to the central of?ce line. 

For example, when an extension subscriber desires to make 
a voice call with an external called party via the VoIP gateway, 
a trunk access code is allocated to ‘8’ while when the exten 
sion subscriber desires to make a call with an external called 
party via a typical central of?ce line connected to PSTN, a 
trunk access code is allocated to ‘9’. Thus, the divided codes 
are used. 

Further, in the case where a desired voice call is made via 
the VoIP gateway, only an outgoing call is permitted. An 
incoming call is permitted via the central of?ce line. 

To make aVoIP call, ?rst, a user should pick up a telephone 
receiver, con?rm a dial tone from the private branch 
exchange, and then press a dial number to connect to a VoIP 
gateway that serves to connect the private branch exchange 
and TCP/IP network (Internet). 
At this time, the VoIP gateway will inquire a routing table 

to see whether the entered number is a serviceable number. 
If the entered number is not the serviceable number, the 

VoIP gateway con?rms whether connection to another VoIP 
gateway is required. If not required, the gateway returns the 
relevant information to the private branch exchange to induce 
a call attempt via a typical telephone network. 

If the VoIP gateway discovers an Internet path correspond 
ing to the entered number, it allows a call to be made. For this 
purpose, the gateway should secure a line to a VoIP gateway 
of a called party. 

The VoIP gateway at a calling party modulates voice into IP 
packets and then transmits relevant IP packets via a given path 
over the TCP/IP network as if they are relevant data packets. 

The VoIP gateway at a receiving side receiving the IP 
packet data recombines packet information to restore into an 
analog signal, route the restored signal in a phone call form 
via PSTN in the exchange station or another private branch 
exchange, and directly connects a call to the receiving tele 
phone. Thus, the routing procedure for a voice call via Inter 
net is completed. 

Meanwhile, in the earlier art, when a user accesses the 
UMS, the SIP does not send, on an initial call setup message, 
information for the currently attempted call, for example, call 
information such as NoAnswer Forward, Busy Forward or 
the like, but sends the information using a separate message. 
Accordingly, the UMS cannot recogniZe call information 
until receiving a message containing the call information, 
which obstructing rapid response. Further, there was a prob 
lem that message loss, delay, or the like is caused due to the 
property of the VoIP network, resulting in dif?culty in func 
tion and implementation. 

SUMMARY OF THE INVENTION 

It is, therefore, an object of the present invention to provide 
a system and method in which effective VoIP-UMS utiliZa 
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6 
tion is allowed by including call information in an SIP mes 
sage attempting to access VoIP-UMS. 

It is another object of the present invention to provide an 
accessing of the UMS with the invite message containing the 
access message information, accommodating the UMS to 
easily discriminate calls connected by a display name of a 
FROM header making up the invite message, thereby provid 
ing a proper voice service. 

It is yet another object of the present invention to provide a 
voice service system and a private branch exchange including 
an SIP module to allow an SIP to be performed, and through 
the private branch exchange supporting an SIP message, 
where a user can set his or her phone to BUSY or ALL 
FORWARD so that an incoming call when the user is busy or 
all incoming calls are connected with the UMS. 

It is another object of the present invention to provide for, 
when a user accesses a voice service system over a network 

directly from a terminal, a user accessing via an SIP server, or 
a user accessing via a switching system, the voice service 
system to easily discriminate and determine connected calls, 
and rapidly respond to the calls by an INVITE message as an 
SIP message attempting to access the voice service system 
including an INFO message which is a mes sage regarding call 
information. 

It is still another object of the present invention to provide, 
when a user accesses a voice service system over a network 

directly from a terminal, or a user accesses via an SIP server, 
or if a user accesses via a switching system, the VoIP-UMS to 
easily discriminate connected calls and rapidly respond to the 
calls through an SIP message attempting to access the VoIP 
UMS containing call information. 

It is another object of the present invention to provide a 
system and method providing VoIP-UMS utiliZation that has 
an el?cient performance, easy to implement and cost effec 
tive. 

To achieve these and other objectives, the present invention 
includes an SIP server for receiving a call request from an 
IP-phone, a separate VoIP-UMS prepared to perform a UMS 
function, and a private branch exchange for accessing the 
VoIP-UMS in response to the subscriber’s request. 
The present invention is characterized in that if a subscriber 

attempts to access the VoIP-UMS via a private branch 
exchange or if a subscriber attempts to access via an IP-phone 
directly, the VoIP-UMS can discriminate connected calls eas 
ily and respond to the calls rapidly because a transferred SIP 
message includes call information. 

The present invention also provides a technique of access 
ing a voice service system over a network, including: upon 
accessing the voice service system, sending an initial call 
message, the initial call message containing an INFO mes 
sage that represents call information; and providing, by the 
voice service system, a voice service in response to receiving 
the initial call message containing the INFO message. The 
initial call message is an INVITE message by a Session 
Initiation Protocol (SIP). Providing the voice service 
includes: providing, by the voice service system, a guide 
announcement to a user in response to the initial call message; 
and accessing, by the user, a voice mailbox according to the 
guide announcement. The voice mailbox is any one of a user’ s 
voice mailbox and a called party’s voice mailbox depending 
on the INFO message contained in the initial call message. 
The present invention also includes a technique of access 

ing a voice service system where a subscriber connects to a 
network via a switching system, including: connecting to the 
switching system by the subscriber; upon accessing the voice 
service system, sending an initial call message by the switch 
ing system, the initial call message containing an INFO mes 
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sage that represents call information; and providing, by the 
voice service system, a voice service in response to receiving 
the is initial call message containing the INFO message. The 
initial call message is an INVITE message by a Session 
Initiation Protocol (SIP). Providing the voice service 
includes: providing, by the voice service system, a guide 
announcement to a user in response to the initial call message; 
and connecting, by the user, to a voice mailbox according to 
the guide announcement. The voice mailbox is any one of a 
user’s voice mailbox and a called party’s voice mailbox 
depending on the INFO message contained in the initial call 
message. 

The present invention is also characterized by a method of 
accessing a voice service system Where a user connects to a 

netWork via a terminal, including: upon accessing the voice 
service system via the terminal, sending an initial call mes 
sage by the user, the initial call message containing an INFO 
message that represents call information; and providing, by 
the voice service system, a voice service in response to receiv 
ing the initial call message containing the INFO message. The 
initial call message is an INVITE message by a Session 
Initiation Protocol (SIP). The terminal accesses the voice 
service system via a server connected to the terminal. Provid 
ing the voice service includes: providing, by the voice service 
system, a guide announcement to the user in response to the 
initial call message; and connecting, by the user, to a voice 
mailbox according to the guide announcement. The voice 
mailbox is any one of a user’s voice mailbox and a called 
party’s voice mailbox depending on the INFO message con 
tained in the initial call message. 

The present invention also provides a voice service system 
for providing a voice service over a netWork, including: a 
sWitching system having a Session Initiation Protocol module 
receiving an initial call message from a subscriber, the initial 
call message containing an INFO message that represents call 
information; and a voice service device having a Session 
Initiation Protocol module providing the voice service in 
response to receiving the initial call message transmitted from 
the sWitching system. The initial call message is an INVITE 
message by a Session Initiation Protocol (SIP). The voice 
service is such that the voice service system provides a guide 
announcement to a user in response to the initial call message, 
and the user connects to the voice mailbox and receives the 
provided voice service according to the guide announcement. 
The voice mailbox is any one of a user’s voice mailbox and a 
called party’ s voice mailbox depending on the INFO message 
contained in the initial call message. 

The present invention is also characterized by voice service 
system for providing a voice service over a netWork, includ 
ing: a receiver for receiving an initial call message from a 
terminal When a subscriber accesses the voice service system, 
the initial call message containing an INFO message that 
represents call information; and a controller having a Session 
Initiation Protocol module included therein, the Session Ini 
tiation Protocol module providing the voice service in 
response to receiving the initial call message at the receiver. 
The initial call message is an INVITE message by a Session 
Initiation Protocol (SIP). The terminal accesses the voice 
service system via a server connected to the terminal. The 
voice service is such that the voice service system provides a 
guide announcement to a user in response to the initial call 
message, and the user connects to the voice mailbox and 
receives the provided voice service according to the guide 
announcement. The voice mailbox is any one of a user’s voice 
mailbox and a called party’s voice mailbox depending on the 
INFO message contained in the initial call message. 
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The present invention can also be realiZed by a computer 

readable medium having computer-executable instructions 
for performing the above other techniques of the present 
invention. 

BRIEF DESCRIPTION OF THE DRAWINGS 

A more complete appreciation of the invention, and many 
of the attendant advantages thereof, Will be readily apparent 
as the same becomes better understood by reference to the 
folloWing detailed description When considered in conjunc 
tion With the accompanying draWings, in Which like reference 
symbols indicate the same or similar components, Wherein: 

FIG. 1 is a diagram illustrating a VoIP-UMS according to 
the present invention; 

FIG. 2 is a How diagram illustrating a method of accessing 
VoIP-UMS through a ?rst path according to the present inven 
tion; 

FIG. 3 is a How diagram illustrating a method of accessing 
VoIP-UMS through a second path according to the present 
invention; 

FIG. 4 is a How diagram illustrating a method of accessing 
VoIP-UMS through a third path according to the present 
invention; 

FIG. 5 is a How diagram illustrating a method of accessing 
VoIP-UMS through a fourth path according to the present 
invention; and 

FIG. 6 is a How diagram illustrating a method of accessing 
VoIP-UMS through a ?fth path according to the present 
invention. 

DETAILED DESCRIPTION OF THE INVENTION 

Hereinafter, preferred embodiments of the present inven 
tion Will be described With reference to the accompanying 
draWings. 

If it is decided that in describing the present invention 
beloW, detail description on related knoWn functions or con 
?gurations makes the gist of the present invention to be 
unclear unnecessarily, such a detailed description Will be 
omitted. Terms described beloW are terms de?ned in vieW of 
their functions in the present invention. The de?nitions 
maybe varied according to user’s intention and practice and 
should be determined based on general contents of this dis 
closure. 

FIG. 1 is a diagram illustrating a VoIP-UMS according to 
the present invention. As shoWn, the present invention 
includes a separate VoIP-UMS 100 prepared for performing a 
UMS function, a private branch exchange 200 accessing the 
VoIP-UMS according to a subscriber’s request, and an SIP 
server 300 receiving a call request from an IP-phone (Internet 
protocol-phone) 400. 
As previously described, the VoIP-UMS 100 is a system 

capable of accommodating, integrated-managing and operat 
ing all media used for existing IP (Internet protocol) commu 
nications using advanced technology based on existing VMS 
technology, E-mail, or the like. It is a system having many 
advantages in vieW of capacity extension, an accessing 
method, and cost compared to the conventional system. 

The VoIP-UMS 100 includes a receiver 101 for receiving 
an initial call message according to an SIP from a terminal, 
and a controller 102 having an SIP module that provides a 
voice service in response to receiving the initial call message 
from the receiver. 

Further, the private branch exchange, namely, the PBX 200 
is a branch exchange that provides telephone services and 
various communication services. It performs a VoIP service 
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in response to a subscriber’ s request to allow for accessing the 
VoIP-UMS 100. The PBX 200 has an SIP module 201 
included therein, which receives the initial call message 
according to the SIP from the subscriber 500. 

The SIP server 300 refers to a system that manages SIP 
terminals, and may be con?gured in various forms. Here, a 
network server, a registrar server, a location server, and the 
like belong to the SIP server. 

The network server controls the SIP network and plays a 
role similar to a gatekeeper in H.323 (A standard approved by 
the International Telecommunication Union (ITU) that 
de?nes how audiovisual conferencing data is transmitted 
across networks). The network server includes a proxy server 
for processing an entire system and a redirect server for 
assuring the mobility of users. 

The registrar server is a component that is necessary for an 
SIP user terminal to register as a part of the SIP network. The 
location server is a component for con?rming an address in 
the SIP network and then retrieving a location corresponding 
to the con?rmed address. Hereinafter, detail connection rela 
tions between the servers according to an SIP will be omitted 
while describing the present invention. 

The IP-phone 400 is a telephone capable of transmitting 
and receiving voice data using IP, wherein protocols such as 
SIP, H.323 or the like are used. 
As shown in FIG. 1, the present invention includes both 

VoIP-UMS 100 access by a subscriber via the PBX 200 and 
VoIP-UMS 100 access by the IP-phone 400. 

In the earlier art, utiliZed is a manner of ?rst sending an 
invite message and subsequently call information, namely, an 
INFO message representing information on call type when 
the VoIP-UMS 100 is accessed using an SIP. 

Accordingly, after receiving the invite mes sage from either 
the PBX 200 or the IP-phone 400, the VoIP-UMS 100 waited 
an INFO message regarding call type information indicating 
whether the call type is “direct” in which a caller party 
accesses his or her mailbox or “forward” in which a called 
part accesses his or her mailbox, and then transmitted a voice 
message. 
As a result, there is a pending problem with the earlier art 

that time providing a voice message service is delayed since 
the voice message service cannot be provided until the INFO 
message is arrived at the VoIP-UMS. 

In the present invention, to solve the problem that a voice 
message service is delayed until the INFO message arrives at 
the VoIP-UMS, a transferred invite message is combined to an 
INFO message. That is, in the present invention, a call type is 
inserted into a display name portion of a normal invite mes 
sage by an SIP so that the invite message and the INFO 
message are combined. At this time, an example of the invite 
message and the INFO message will be described below. 

Meanwhile, in the present invention, the private branch 
exchange 200 has an SIP module 201 included therein to 
allow an SIP to be performed, as described previously. 

Hereinafter, a method of accessing the VoIP-UMS (100) in 
accordance with the present invention will be described in 
connection with access paths. 

First, a method of accessing the VoIP-UMS 100 will be 
discussed in connection with a ?rst path that is the case where 
a subscriber 500 listens to his or her voice mailbox message. 

FIG. 2 is a ?ow diagram illustrating a method of accessing 
a VoIP-UMS through a ?rst path according to the present 
invention. To access the subscriber’s voice mailbox embed 
ded in the VoIP-UMS 100, a subscriber 500 picks up his or her 
telephone and presses a predetermined number, such as 3681 , 
for connecting to the voice mailbox to thereby connect to the 
PBX 200 (S101). 
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The PBX 200 sends an invite message to the VoIP-UMS 

100 to connect to the voice mailbox (S102). At this time, the 
invite message contains information indicating that the sub 
scriber directly connects to the voice mailbox. 
As described above, in the earlier art, the PBX 200 sent the 

invite message and thereafter a separate INFO message to the 
VoIP-UMS 100 to notify that the subscriber directly connects 
to the voice mailbox. Accordingly, there is a problem with the 
earlier art that the VoIP-UMS 100 cannot provide a voice 
message service until it receives the INFO message, resulting 
in service time delay. 
On the other hand, in the present invention, the invite 

message is sent to the VoIP-UMS 100, which includes an 
INFO message, namely, information notifying that the sub 
scriber connects to the voice mailbox directly, as previously 
described. Accordingly, the VoIP-UMS 100 receives the 
delivered invite message and at the same time it can provide 
a voice message service. 

That is, the VoIP-UMS 100 sends a trying message and a 
ringing message in response to receiving the invite message 
(S1 03). After retrieving the subscriber information, the VoIP 
UMS 100 sends a 200 OK signal to notify that the call con 
nection is successful (S104). 

If the call path is established, the subscriber 500 will listen 
to an announcement that “enter your password” from the 
VoIP-UMS 100 (S105). The subscriber 500 enters the pass 
word to access and use his or her voice mailbox (S106). 
A secondpath corresponds to the case where the subscriber 

500 attempts to talk with another subscriber but this sub 
scriber is busy. 

FIG. 3 is a ?ow diagram illustrating a method of accessing 
VoIP-UMS through a second path according to the present 
invention. When a called party is busy, the subscriber 500 
connects to another subscriber’s voice mailbox. This is called 
Busy Forward. 

First, as described above, the subscriber 500 calls another 
subscriber but this subscriber is busy (S201). At this time, the 
PBX 200 sends an invite message to the VoIP-UMS 100 to 
connect the subscriber 500 to the voice mailbox of another 
subscriber (S202).At this time, the invite message is sent with 
INFO message information indicating that the call is 
attempted to another subscriber but is failed because another 
subscriber is busy. The VoIP-UMS 100 sends the trying mes 
sage and the ringing message in response to receiving the 
invite message (S203). 
The VoIP-UMS 100 sends a 200 OK message as a signal 

notifying that the call connection is successful after the VoIP 
UMS 100 retrieves another subscriber information (S204). If 
a call path is established, the subscriber 500 will listen to an 
announcement indicating that “Now busy, leave your mes 
sage in the voice mailbox” from the VoIP-UMS 100 (S205). 

If the subscriber leaves his or her voice message and hangs 
up, the voice message will be held in the voice mailbox of 
another subscriber. If another subscriber desires to listen to 
the voice message recorded in the voice mailbox, the sub 
scriber will follow the ?rst path (S206). 
The third path is for the IP-phone 400 user to directly 

connect to the voice mailbox without passing through the 
PBX 200. 

FIG. 4 is a ?ow diagram illustrating a method of accessing 
VoIP-UMS through a third path according to the present 
invention. The IP-phone 400 user ?rst sends an invite mes 
sage to the VoIP-UMS (S301). At this time, the IP-phone 
follows a general SIP, wherein the sent invite message does 
not contain call information. 
The VoIP-UMS 100 sends a trying message and a ringing 

message in response to receiving the invite message (S302). If 
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there is no call information in the invite message, the VoIP 
UMS 100 regards the request as direct, namely, a direct con 
nection to the mailbox and proceeds to service (S303). 

The VoIP-UMS 100 retrieves information on the IP-phone 
400 and then sends a 200 OK signal to notify that the call 
connection is successful (S304). 

If the call path is established, the IP-phone 400 user will 
listen to an announcement of “Enter your password,” and is 
serviced with the voice mailbox (S305 and S306). 
The fourth path is for the IP-phone 400 user to make a call 

with another IP-phone user. 
FIG. 5 is a ?ow diagram illustrating a method of accessing 

VoIP-UMS through a fourth path according to the present 
invention. In the case where an IP-phone 400 user calls 

another IP-phone user directly (S401), if the called party is 
busy, the IP-phone 400 user receives a busy response and the 
telephone connection is cut off (S402). 

At this time, the reason why the IP-Phone 400 is not con 
nected to the voice mailbox of another IP-phone user is that 
the IP-phone has no function of forwarding a call. If the 
IP-phone 400 user desires to connect to the voice mailbox of 
another IP-phone user, the IP-phone should connect to the 
voice mailbox via the SIP server (S403). 

The ?fth path is for the IP-phone 400 to call another IP 
phone user via the SIP server 300. 

FIG. 6 is a ?ow diagram illustrating a method of accessing 
VoIP-UMS through a ?fth path according to the present 
invention. In the case where the IP-phone 400 user connects 
to another IP-phone user via the SIP server 300 (S501), the 
SIP server 300 performs Busy Forward with busy informa 
tion, namely, call information to the VoIP-UMS 100 when 
another IP-phone user is busy. 

The VoIP-UMS 100 receives an invite message. At this 
time, VoIP-UMS 100 can obtain information called Busy 
Forward from the call information contained in the invite 
message (S502). The VoIP-UMS 100 sends a trying message 
and a ringing message in response to receiving the invite 
message (S503). 

The VoIP-UMS 100 is connected to the voice mailbox of 
another IP-phone user and sends a 200 OK signal to indicate 
that the call connection is successful (S504). 

If the call path is established, the IP-phone 400 user will 
listen to an announcement of “Now busy, leave your mes 
sage” from the VoIP-UMS 100. The IP-phone 400 user leaves 
a message in the voice mailbox of another IP-phone user 
according to the guide announcement (S505). At this time, 
another IP-phone user will con?rm the voice message in the 
mailbox using the third path. 

In the present invention, as previously described, accessing 
the VoIP-UMS 100 through various paths following the SIP is 
possible, wherein the invite message includes call informa 
tion, allowing a service to be provided by the voice mailbox 
connection only with the arrival of the invite message. 

The following is an example of an invite message in accor 
dance with the present invention. Here, the SMEfOOOl cor 
responds to an INFO message that represents call information 
according to the present invention, and this message may be 
modi?ed according to situations based on Table 1 described 
below. 
INVITE sip:3691@168.219.149.16415070 SIP/2.0 
From: SMEf0001<sipz201@168.219.149.169:5070> 
To: 201<sipz3691@168.219.149.164z5060> 

CSeq: 1 INVITE 
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Max-Forwards: 69 
Contact: <sip:201@168.219.149.169:5070> 
Content-Type: application/sdp 
Content-Length: 123 
v:0 
o:—0 0 IN IP4 168.219.149.169 
sISAMSUNG SIP gateway 
cIIN IP4 168.219.149.190 
t:00 
mIaudio 30000 RTP/AVP 18 4 8 

TABLE 1 

Message type ID Description 

UMSiCTYPEiDII OxOl Direct intercom call 
UMSiCTYPEiDIL 0x02 Direct incoming call 
UMSiCTYPEiDVAC 0x03 Vacant call from trunk 
UMSiCTYPEiFWDA 0x04 Forward all 
UMSiCTYPEiFWDB 0x05 Forward busy 
UMSiCTYPEiFWDN 0x06 Forward no answer 

UMSiCTYPEiFWDD 0x07 Forward do not disturb 
UMSiCTYPEiMSGL 0x08 Message listen 
UMSiCTYPEiRCLN 0x09 Normal recall 
UMSiCTYPEiRCLA OxOA Invalid recall 
UMSiCTYPEiTRSF OxOB Transfer 
UMSiCTYPEiOVF OxOC Over?ow 
UMSiCTYPEiGRT OxOD Greeting change key 
UMSiCTYPEiOPT OxOE Option change key 
UMSiCTYPEiDIVR OxOF Direct IVR (not used) 
UMSiCTYPEiSOUT OxlO Outgoing setting (not used) 
UMSiCTYPEiSVAC Oxll Vacant setting (not used) 
UMSiCTYPEiAME Ox12 Answering machine emulation 
UMSiCTYPEiACD Ox13 Auto. Call dist. (not used) 
UMSiCTYPEiCRD Ox14 Call record 
UMSiCTYPEiMEMO Oxl5 Memo 
UMSiCTYPEiMEMOiC 0x16 Memo CTI 
UMSiCTYPEiDID Ox17 Direct inward dial 
UMSiCTYPEiRCLP 0x18 Call over page recall 
UMSiCTYPEiMSGV Ox19 Message view 
UMSiCTYPEiADMIN OxlA System administration 
UMSiCTYPEiBASE 5000 MOH prompt ‘0’ 
UMSiCTYPEiNONE 0 None, for logical completeness 

As denoted in Table 1, the INFO message within the invite 
message has a different meaning as the ID is changed. 

For example, the SMEi0004 is a message indicating For 
ward All, wherein all call connections are made with UMS. 
As another example, SMEi00012 is a message that indicates 
answering machine emulation, wherein a connection is made 
in an AME mode. 

Meanwhile, another example according to the present 
invention will be discussed in which the INFO message in the 
invite message is SMEi0005. The SMEi0005 is a message 
indicating Forward Busy, wherein a connection is made with 
UMS when a called party is busy. 

At this time, the connection by UMS follows the second 
path as previously described, and is as shown in FIG. 3. That 
is, if the called party is busy, the subscriber 500 is connected 
to the voice mailbox of another subscriber. This is called Busy 
Forward. 

First, as described above, the subscriber 500 calls another 
subscriber but this subscriber is busy (S201). At this time, the 
PBX 200 sends an invite message to the VoIP-UMS 100 in 
order to connect the subscriber 500 to the voice mailbox of 
another subscriber (S202). At this time, the invite message is 
sent with an INFO message that has information indicating 
that the subscriber attempted to make a call another sub 
scriber but failed to make the call due to a busy state of another 
subscriber. An example of the INFO message containing the 
invite message will be described below. 



US 7,920,547 B2 
13 

Meanwhile, theVoIP-UMS 100 sends a trying message and 
a ringing message in response to receiving the invite message 
(S203). After retrieving information on another subscriber, 
the VoIP-UMS 100 sends a 200 OK signal to notify that a call 
connection is successful (S204). When the call path is estab 
lished, the subscriber 500 Will listen to an announcement that 
“NoW busy, leave your message in the voice mailbox” from 
the VoIP-UMS 100 (S205). 

If the subscriber leaves a voice message and hangs up, the 
voice message is left in the voice mailbox of another sub 
scriber. If another subscriber desires to listen to the voice 
message left in his or her voice mailbox, another subscriber 
folloWs the ?rst path. 

The folloWing is an example of an invite message indicat 
ing that the INFO message is SMEi0005. 
INVITE sip:3691@168.219.149.16415070 SIP/2.0 
From: SMEf0005<sipz201@168.219.149.169:5070> 
To: 201<sipz36911168.219.149.164:5060> 

CSeq: 1 INVITE 
Max-Forwards: 69 
Contact: <sip:201@168.219.149.169:5070> 
Content-Type: application/sdp 
Content-Length: 123 

o:—0 0 IN IP4 168.219.149.169 
sISAMSUNG SIP gateWay 
c:INIP4168.219.149.190 
t:00 
mIaudio 30000 RTP/AVP 18 4 8 
MeanWhile, the con?guration of the above-stated invite 

message Will be described in brief. First, INVITE of the invite 
message corresponds to the SIP message and means that a 
calling party Will participate in the SIP session. FROM is a 
portion corresponding to an SIP header and indicates a start 
ing point of SIP transaction. TO is also a portion correspond 
ing to the SIP header and indicates a destination of the SIP 
transaction. 

Call-ID is a portion corresponding to the SIP header and 
indicates the Id (identi?cation) of the SIP transaction. Contact 
is a portion corresponding to the SIP header and indicates a 
location of a starting point of the SIP session. Content-Type is 
a portion corresponding to the SIP header and indicates the 
type of SIP content. Content-Length is also a portion corre 
sponding to the SIP header and indicates the length of the SIP 
content. 

v:0 is a portion corresponding to an SIP body and indicates 
SIP version information. Others may be interpreted With ref 
erence to RFC (request for comments) 2327. 
As previously described, the present invention is charac 

teriZed by accessing the UMS With the invite message con 
taining the access message information. Accordingly, the 
UMS according to the present invention can easily discrimi 
nate calls connected by a display name (e.g., SMEi0005) of 
a FROM header making up the invite message, thereby pro 
viding a proper voice service. 

MeanWhile, in the present invention, the voice service sys 
tem and the private branch exchange include an SIP module to 
alloW an SIP to be performed, as described above. Thus, 
because the private branch exchange according to the present 
invention supports an SIP message, a user can set his or her 
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phone to BUSY or ALL FORWARD so that an incoming call 

When the user is busy or all incoming calls are connected With 
the UMS. 
As a result, according to the present invention as described 

above, if a user accesses a voice service system over a net 

Work directly from a terminal, a user accesses via an SIP 

server, or a user accesses via a sWitching system, the voice 

service system can easily discriminate and determine con 
nected calls, and rapidly respond to the calls because an 
INVITE message as an SIP message attempting to access the 

voice service system includes an INFO message Which is a 

message regarding call information. 
According to the present invention, if a user accesses a 

voice service system over a netWork directly from a terminal, 
or a user accesses via an SIP server, or if a user accesses via a 

sWitching system, the VoIP-UMS can easily discriminate 
connected calls and rapidly respond to the calls because an 
SIP message attempting to access the VoIP-UMS contains 
call information. 
The present invention can be realiZed as computer-execut 

able instructions in computer-readable media. The computer 
readable media includes all possible kinds of media in Which 
computer-readable data may be stored or Written and the 
computer-readable data may include any type of data that can 
be read by a computer or a processing unit. The computer 
readable media include for example and is not limited to, 
storage media, such as magnetic storage media (e.g., ROMs, 
?oppy disks, hard disks, and the like), optical reading media 
(e.g., CD-ROMs (compact disc-read-only memories), DVDs 
(digital versatile discs), re-Writable versions of the optical 
discs, and the like), hybrid magnetic optical disks, organic 
disks, system memories (read-only memories, random access 
memories), non-volatile memory such as ?ash memory or 
any other volatile or non-volatile memory, and other semi 
conductor devices, electronic devices, electromagnetic 
devices and infrared devices. The computer-readable data 
may be transmitted over communication paths through 
propagation of carrier Waves (e. g., transmission via the Inter 
net or another computers net). The transmission paths gener 
ally carry computer-readable instructions, data structures, 
program modules or other data in a modulated signal such as 
the carrier Waves or other modes of signal transmission 
including any information delivery media. The computer 
readable instructions, data structures, program modules or the 
other data may also be transmitted over Wireless signals such 
as radio frequency, infrared Waves and microWave carriers of 
information and data signals, and Wired media such as a ?xed 
Wire netWork. Also, the computer-readable media can store 
computer-readable codes that are distributed among comput 
ers connected via a netWork. The computer readable medium 
also includes cooperating or interconnected computer read 
able media that are in loaded in the processing system or are 
distributed among multiple processing systems that may be 
local or remote to the processing system. The present inven 
tion can include the computer-readable medium having 
stored thereon a data structure that includes a plurality of 
?elds containing data representing the techniques of the 
present invention. 

Although the technical spirit of the present invention has 
been described in conjunction With the accompanying draW 
ings, it illustrates the preferred embodiment of the present 
invention and does not limit the present invention. Further, it 
Will be apparent to those skilled in the art that various modi 
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?cations and variations may be made to the present invention 
Without departing from the technical spirit and scope of the 
present invention. 

What is claimed is: 
1. A method of accessing a voice service system over a 

network, the method comprising: 
upon accessing the voice service system, sending an 
INVITE message by a Session Initiation Protocol (SIP), 
the INVITE message comprising call information Which 
represents a call type for a current call, the call type 
indicating an incoming cause of the access to the voice 
service system; 

receiving the INVITE message for the current call; and 
providing, by the voice service system, the voice service 

according to the call type. 
2. The method according to claim 1, Wherein providing the 

voice service includes: 
providing, by the voice service system, a guide announce 

ment to a user according to the call type; and 
accessing, by the user, a voice mailbox according to the 

guide announcement. 
3. The method according to claim 2, Wherein the voice 

mailbox is any one of a user’s voice mailbox and a called 
party’s voice mailbox depending on the call type contained in 
the INVITE message. 

4. The method according to claim 1, Wherein the cause 
represents at least one of direct call, forWard call, message 
listen, recall, setting, memo, and call record. 

5. A method of accessing a voice service system Where a 
subscriber connects to a netWork via a sWitching system, the 
method comprising: 

connecting to the sWitching system by the subscriber; 
upon accessing the voice service system, sending an initial 

call message by the sWitching system, the initial call 
message containing an INFO message that represents 
call information Which represents a call type for a cur 
rently attempted call, the call type indicating an incom 
ing cause of the access to the voice service system; and 

providing, for the currently attempted call, by the voice 
service system, the voice service according to the call 
type contained in the initial call message containing the 
INFO message. 

6. The method according to claim 5, Wherein providing the 
voice service includes: 

providing, by the voice service system, a guide announce 
ment to a user according to the call type; and 

connecting, by the user, to a voice mailbox according to the 
guide announcement. 

7. The method according to claim 6, Wherein the voice 
mailbox is any one of a user’s voice mailbox and a called 
party’s voice mailbox depending on the call type contained in 
the initial call message. 

8. The method according to claim 5, Wherein the cause 
represents at least one of direct call, forWard call, message 
listen, recall, setting, memo, and call record. 

9. A method of accessing a voice service system, the 
method comprising: 

upon accessing the voice service system by a terminal, 
sending an INVITE message by a Session Initiation 
Protocol (SIP), the INVITE message comprising call 
information Which represents a call type for a current 
call, the call type indicating an incoming cause of the 
access to the voice service system; and 

receiving, from the voice service system, the voice service 
according to the call type contained in the INVITE mes 
sage. 
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1 0. The method according to claim 9, Wherein receiving the 

voice service includes: 
receiving, from the voice service system, a guide 

announcement according to the call type; and 
connecting to a voice mailbox according to the guide 

announcement. 

11. The method according to claim 10, Wherein the voice 
mailbox is any one of a user’s voice mailbox and a called 
party’s voice mailbox depending on the call type contained in 
the INVITE message. 

12. The method according to claim 9, Wherein the cause 
represents at least one of direct call, forWard call, message 
listen, recall, setting, memo, and call record. 

13. A voice service system for providing a voice service 
over a netWork, the system comprising: 

a sWitching system having a Session Initiation Protocol 
module receiving an initial call message from a sub 
scriber, the initial call message comprising an INFO 
message that represents call information Which repre 
sents a call type for a currently attempted call, the call 
type indicating an incoming cause of the access to the 
voice service system; and 

a voice service device having a Session Initiation Protocol 
module providing, for the currently attempted call, the 
voice service according to the call type contained in the 
initial call message transmitted from the sWitching sys 
tem. 

14. The system according to claim 13, Wherein the initial 
call message is an INVITE message by a Session Initiation 
Protocol. 

15. The system according to claim 13, Wherein the voice 
service accommodating the voice service system providing a 
guide announcement to a user according to the call type, and 
the user connects to the voice mailbox and receives the pro 
vided voice service according to the guide announcement. 

16. The system according to claim 15, Wherein the voice 
mailbox is any one of a user’s voice mailbox and a called 
party’s voice mailbox depending on the call type contained in 
the initial call message. 

17. The system according to claim 13, Wherein the cause 
represents at least one of direct call, forWard call, message 
listen, recall, setting, memo, and call record. 

18. A voice service system for providing a voice service 
over a netWork, the system comprising: 

a receiver for receiving an INVITE message from a termi 
nal accessing the voice service system, the INVITE mes 
sage comprising call information Which represents a call 
type for a current call, the call type indicating an incom 
ing cause of the access to the voice service system; and 

a controller having a Session Initiation Protocol module 
included therein, the Session Initiation Protocol module 
providing, for the current call, the voice service accord 
ing to the call type. 

19. The system according to claim 18, Wherein the voice 
service is such that the voice service system provides a guide 
announcement to a user in response to the call type, and the 
user connects to the voice mailbox and receives the provided 
voice service according to the guide announcement. 

20. The system according to claim 19, Wherein the voice 
mailbox is any one of a user’s voice mailbox and a called 
party’s voice mailbox depending on the call type contained in 
the INVITE message. 

21. The system according to claim 18, Wherein the cause 
represents at least one of direct call, forWard call, message 
listen, recall, setting, memo, and call record. 
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22. A non-transitory computer-readable medium having 
computer-executable instructions for performing a method of 
accessing a voice service system over a network, comprising: 

a stage, upon accessing the voice service system, sending 
an initial call message, the initial call message including 
a ?rst message representing call information With Which 
the voice service system provides a currently attempted 
call With the voice service in accordance, and the call 
information representing a call type for the currently 
attempted call, the call type indicating an incoming 
cause of the access to the voice service system. 

23. The non-transitory computer-readable medium accord 
ing to claim 22, Wherein the cause represents at least one of 
direct call, forWard call, message listen, recall, setting, memo, 
and call record. 

24. A non-transitory computer-readable medium having 
stored thereon a data structure, the computer-readable 
medium comprising: 

a ?rst storage stage including a ?rst ?eld containing data 
representing connecting to the sWitching system by a 
subscriber; 

18 
a second storage stage including a second ?eld containing 

data representing upon accessing the voice service sys 
tem, sending an initial call message by the sWitching 
system, the initial call message including a ?rst message 
representing call information Which represents a call 
type for a currently attempted call, the call type indicat 
ing an incoming cause of the access to the voice service 
system; and 

a third storage stage including a third ?eld containing data 
representing providing, for the currently attempted call, 
by the voice service system, the voice service according 
to the call type contained in the initial call message 
including the ?rst message. 

25. The non-transitory computer-readable medium accord 
15 ing to claim 24, Wherein the cause represents at least one of 

direct call, forWard call, message listen, recall, setting, memo, 
and call record. 


